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Description 

[0001] The invention relates in general to speech signal processing and In particular to equalization of a speech 

signal in a mobile phone in order to improve the intelligibliity of transmitted speech. 

5 [0002] It Is a widely l<nown and used method to improve the auditory effect of sound, and of speech, which is a special 
case of sound, with an equalizer. The frequency spectrum of a sound can be equalized, whereby the frequency response 
pealcs or pits corresponding to certain frequencies are equalized closer to the average level, or certain frequencies or 
frequency areas can purposely be amplified or attenuated so that they deviate from the mean level. In addition to 
Improving the auditory effect, equalization can also help people suffering from certain types of hearing defects discern 

10 sounds better. 

[0003] Equalization can be perfonned electrically or mechanbally. Electrical equalization requires the use of various 
filter circuits In the device that processes sound. Known solutions in the field of analog signal processing include passive 
RC filters, active filters based on operational amplifiers and special equalizer chips, and in the digital field, digital signal 
prociBSSors which can be programmed to realize very complex filter an^angements. Mechanical equalization is per- 
15 f onned by selecting the mechanical properties of the loudspeaker reproducing sound and of its immediate vicinity such 
that a desired frequency response is achieved. 

[0004] In mobile phones, equalization Is needed to Improve the quality and intelligibility of the sound that travels from 
the loudspeaker to the user's ear. The sound from the loudspeaker seems distorted because usually the loudspeaker 
does not reproduce all frequencies In the same way and because there occurs an acoustic leakage between the loud- 

20 speaker and the user's ear whteh affects different frequencies in different ways. Fig. 1 is a graph Illustrating two fre- 
quency response measurements: in the measurement arrangement corresponding to the upper cun^e the loudspeaker 
and the instrument corresponding to an ear are protected against acoustic leakage (strong acoustic coupling) and in 
the arrangement corresponding to the lower curve the acoustb leakage corresponds to nomial usage of a mobile 
phone. The figure shows clearly that as the acoustic coupling gets weaker because of the leakage, especially the 

25 reproduction of low frequencies (< 1 kHz) gets worse. 

[0005] A known method whk:h has been used in attempting to equalize the distortion of sound is the use of special 
loudspeakers applying acoustic feedback. The method is of a mechanical nature, because In It an attempt is made to 
build the loudspeaker such that its mechanical properties compensate for the attenuation of low frequencies. An air 
gap is left between the loudspeaker and Its mounting body, whereby the width of the air gap is a significant factor as 

30 regards acoustic feedback. To achieve correct dimensioning and operation, strict mechanical tolerances must be fol- 
lowed in the assembly of the loudspeaker, which increases manufacturing costs. The frequency response of the me- 
chanical arrangement cannot be changed later, whfch makes the arrangement inflexible. Furthennore, the method 
cannot be applied In the implementation of a hands-free loudspeaker whk:h is a widely used option in mobile phones 
[0006] By suitable design of the electromechank:al properties, a loudspeaker can be realized which by nature am- 

35 pllfles low-frequency signals. Also this an^angement is Inflexible, since the frequency response Is determined in the 
manufacturing process of the loudspeaker and It cannot be changed e.g. with an electrical control signal. 
[0007] Electrical filter solutions can usually affect the frequency response of a sound reproduction anrangement in a 
manner more versatile and flexible than can mechanteal or electromechanical solutions. In a mobile phone, however, 
space, power consumption, computing capacity and printed circuit board area are very critical factors for which the 

40 electrical filter should have as low a demand as possible. Both passive and active analog filters increase component 
costs and consume electrical power as well as printed circuit board area. If one wishes to employ these to build an 
adjustable equalizer, the operation of which can be changed with a control signal according to need, the arrangement 
easily becomes complex and expensive to manufacture. In addition, analog filters often have a certain, rather limited, 
operation range, e.g. a fixed center frequency or Insufficient amplification capacity. 

45 [0008] Digital filter arrangements, which in principle can be realized as separate digital circuits but whch advanta- 
geously are programmed Into processes executed by a digital signal processor, have proven superior to their analog 
counterparts in many respects. Since most popular mobile phone constructions already include a digital signal proc- 
essor, or DSP, the programmable filter arrangement does not significantly increase the number of components in a 
mobile phone. At the same time, power consumption and space requirements are kept within reasonable limits. In 

50 addition, the operation of processes programmed in a DSP can be easily changed In a desired way by bringing certain 
control signals to the processor. 

[0009] However, prior art DSP-based equalizer an'angements in mobile phones do not function in an optimal manner 
in all situations. It is known that since mobile phones are used in a wide range of conditions, in whtoh e.g. the ambient 
noise level both In the talking and In the listening environment varies, reproduction of speech in the best possible 
55 manner is impossible If equalization is always perfomied in the same way. In addition to the environmental conditions, 
the use of various auxiliaries, such as a hands-free loudspeaker, earphone loudspeaker or an additional loudspeaker, 
affects the operation required of the equalizer. 

[0010] A document EP-A-0 674 415 Is known to disclose monitoring the level of ambient noise In a mobile telephone 
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and selecting one of two possible frequency responses for filtering the speech signal before reproducing it. 

[0011] A docunnent US-A-5 027 410 is known to disclose effecting some kind of equalisation of the speech signal 

through digital signal processing in a portable electronic apparatus. 

[0012] A document US-A-5 450 442 is known to disclose the controllable use of a digital equaliser between a de- 

5 modulator and a channel decoder for correcting distortions in a received radio signal. 

[0013] An object of this invention is to provide a method and a device for improving the quality and intelligibility of 
the sound reproduced by a mobile phone in several different situations. Another object of the invention is to provide a 
method and a device for controlling the quality and intelligibility of the sound reproduced by a mobile phone when . 
various auxiliary equipments are used. A further object of the invention is to provide a method and a device for improving 

10 the sound reproduction in a mobile phone, whk:h method and device do not require the use of complex and expensive 
special loudspeakers. A further object of the invention is that the method and the devbe according to it do not signifi- 
cantly Increase the consumption of the critical resources in a mobile phone. The objects of the invention are achieved 
with an arrangement in which a signal received by a mobile phone is adaptlvely equalized after the speech decoding 
but prior to signal D/A conversion. 'Adaptlvely* means that the effect of equalization is changed when certain control 

IS parameters change. The control parameters and their effects are described in more detail later. 

[0014] The method according to the Invention is applicable for improving the sound reproduction in a telephone 
apparatus including an equalizer which has a certain variable frequency response. The characteristic features of the 
method are described in the characterising part of the independent claim directed to a method. 
[0015] The invention is also directed to a telephone in which the method according to the invention is applied. The 

20 telephone apparatus according to the invention includes a loudspeaker for sound reproduction and a digital signal 
processing means for digital processing of the sound to be reproduced, which digital signal processing means com- 
prises an equalizer with a certain frequency response. The characterising features of the telephone are described in 
the characterising part of the appropriate independent claim. 

[0016] The present invention is intended to be used in a digital telephone, advantageously a mobile phone. Appli- 
25 cability of the invention requires that the telephone handles sound as a digitai-fomn signal. In a conventional mobile 
phone, the received sound infomnation is in digital fomn before it is converted to an analog fomi (PCM decoding) to be 
reproduced by a loudspeaker. In addition, the sound information to be transmitted is in a digital form, when it has first 
been recorded via a microphone and A/D converted (PCIVI coding). It is assumed that the operation of a digital mobile 
phone is known to one skilled in the art and It will not be discussed in more detail In this document. 
30 [0017] During the research that lead to the invention it was observed that from the point of view of intelligibility of 
received speech it is not always recommended to amplify low frequencies only. If a mobile phone is used in a very 
noisy environment, amplification of low frequencies may even degrade the intelligibility of speech because it decreases, 
in the signal perceived by the ear, the proportion of higher frequency components, which are the most essential ones 
as far as intelligibility is concerned. Thereby it is advantageous to proportion the equalization to the ambient noise 
35 level, in addition, it has been observed that since auxiliaries of mobile phones employ different loudspeakers, equali- 
zation has to be adjusted so as to function in different ways in conjunction with them. 

[0018] In accordance with the invention, several different control parameters can be used in the adjustment of the 
equalization, the most simple one being the phone sound volume set by the user. Other possible control parameters 
include the measurement result for ambient noise level measured through the phone's microphone, infomnation about 

^ auxiliaries connected to the phone and measurement results describing the quality of the radio connection. The final 
sound perceived by the user is the result of the combined effect of the original signal, equalization, possible bandpass 
filtering in conjunction with the D/A conversion, amount of gain, acoustic response of the loudspeaker and, in nomnal 
telephone operation, acoustic leakage between the loudspeaker and ear or, in the hands-free operation, acoustic trans- 
fer function of the listening space 

^ [0019] In the method and device according to the invention, the mobile phone finds out and detennines on the basis 
of the control parameters and data stored In the memory which are the equalization gain and frequency area that are 
best suited to the environmental and operating conditions at a given moment of time. On the basis of that decision the 
received signal is equalized advantageously in the same digital signal processor that is used in a known way to perfonm 
speech decoding. 

50 [0020] Compared to the prior art, the advantages of the invention Include the improvement of the intelligibility of 
sound irrespective of the loudspeaker construction and the acoustic leakage between the loudspeaker and ear, good 
response to the special requirements of mobile phones, adaptation of equalization to background noise and to the 
phone volume set by the user, balance between the quality of the sound heard and the intelligibility of speech, and 
adaptation of equalization to auxiliaries of the mobile phone 

55 [0021] The Invention is described in more detail referring to the advantageous embodiments presented as examples 
and to the attached drawing in which 

Fig. 1 graphically illustrates frequency response measurements when there is a strong and a weak acoustk: 
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coupling between the loudspeaker and the measuring instrument. 

Fig. 2 is a blocl( diagram illustrating the principle of the invention and its application in a mobile phone, 

5 Figs. 3 to 5 graphically illustrate various frequency response curves that can be produced with the an^angement 
according to the Invention, 

Fig 6 is a block diagram of a fitter that can be used in the equalizer according to the invention, 

10 Fig. 7 graphically Illustrates frequency response scaling in the an^angement according to the invention. 

Fig. 8 graphically illustrates certain control curves that can applied in the arrangement according to the inven- 

tion, and 

is Fig. 9 Is a block diagram depicting estimation of ambient noise for use in the an^angement according to the 

invention. 

[0022] Above, in conjunction with the description of the prior art, we refen^ed to Fig. 1 , and so, below, In the description 
of the Invention and its advantageous embodiments we will mainly refer to Figs. 2 to 9. Like parts in the figures are 

20 denoted by like reference numbers 

[0023] Fig. 2 shows a block diagram the two main blocks of which are a digital signal processor (DSP) 1 responsible 
for the digital processing of a speech signal in a mobile phone, and the PCM CODEC block 2 responsible for the PCI\^ 
coding and decoding of a signal and for the analog signal processing. A so-called far-end channel runs from left to 
right in the upper part of the figure; It is the signal path from the receiver and channel decoding (not shown) of a mobile 

2S phone via a speech decoder 3, equalizer block 4, D/A converter 5, filter 6 and amplifier/attenuator 7 to a loudspeaker 
8. in the lower part of the figure there is a so-called near-end channel, or signal path from a microphone 9 via an 
amplifier 10, fitter 1 1 , A/D converter 12, background noise measuring block 13 and speech encoder 14 to the channel 
encoding (not shown) and transmission to the radio path. Except for the equalizer block 4 and background noise 
measuring block 13 according to the invention, the construction and operation of all listed parts are known to a person 

30 skilled In the art as corresponding parts are widely used in prior art mobile telephones. Also the blocks according to 
the invention comprise parts known to one skilled in the art, but their combined use In a mobile phone belongs to the 
scope of the present invention. 

[0024] The DSP block 1 includes a control block 15 the main task of which, as regards the present invention, is to 
control the equalizer 4 so that signal components at certain frequencies are amplified or attenuated according to existing 

35 environmental and operating conditions. The operation of the control block 15 is based on control parameters which 
are brought to the control block 15 as input data. All control parameters somehow describe the environmental and 
operating conditions of the mobile phone. Fig. 2 shows as Input data for the control block 15 four control parameters 
which are: infomiatlon 16 representing the quality of the radio connection, background noise estimate 17 based on 
measurement of ambient noise level, infomnation 1 8 describing the auxiliaries connected to the phone, and the phone 

40 volume 19 set by the user. In addition. Fig. 2 shows a storage means, ie. look-up tables 4a and 13d the use of which 
will be discussed later. 

[0025] The frequency response of the equalizer 4 may vary In many ways. Fig. 3 shows, by way of an example, the 
variable gain when the center frequency and bandwidth are constant. Similarty, Fig. 4 shows, by way of an example, 
the variable center frequency when the gain and bandwidth are constant, and Fig. 5 shows, by way of an example, 
45 the variable bandwidth when the center frequency and gain are constant. Variations of the center frequency, gain and 
bandwidth can be combined in many ways to produce the best possible final result, ie. the clearest and most intelligible 
sound. The operations are advantageously perfonned in the nornial voice frequency area, which is about 300 to 3400 
IHz. A constant equalizer, which is not adaptive but operates always in the same way, can be considered a special case 
of the invention. 

50 [0026] The equalizer block 4 may comprise e.g. one or more infinite impulse response (MR) filters, finite impulse 
response (FIR) fitters or processes operating in the frequency domain, in the latter case, block 4 must also include 
time-to-frequency and frequency-to-time transfomis, whteh preferably are perfomned using the fast Fourier transform 
(FFT) and Inverse fast Fourier transfomr) (IFFT) functions. 

[0027] Fig. 6 shows an advantageous implementation of the equalizer block. In this known fitter construction, blocks 
55 mariced with Z represent delays of a time unit, a1 and a2 are factors affecting the center frequency and bandwidth of 
the frequency response, and the K factor con^esponds to the equalization gain. The filter Is presented by way of an 
example only, as the detailed Implementation of the equalizer block 4 is not essential from the point of view of the 
invention. The advantages of the filter arrangement In Fig. 6 are: only three variable factors (a1 . a2 and K), small effect 
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on the signal phase, good and clear variability and good stability. The filter transfer function conforms to the formula 



10 [0028] Next, we will describe the operation of the method and device according to the invention. The basic idea Is 
that information is brought to the control block 1 5 In the fomi of control parameters indicating the operating conditions 
of the phone and the equipment connected to it, whereby the control block 15 controls the equalizer block 4 so that 
the best possible signal quality and intelligibility are achieved. 

[0029] The simplest of the control parameters Is the infomiatlon about the phone volume set by the user. Most modem 
15 mobile phones include an adjusting device with whteh the user can increase or decrease the volume of the sound 
coming from the loudspeaker of the phone, in nonmal use, the user increases the volume if there Is much noise in the 
operating environment, and decreases it If the operating environment is quiet. As was stated above, from the point of 
view of the quality of the received sound It is advantageous to emphasize low (about < 1 klHz) frequencies in a quiet 
operating environment, but from the point of view of speech intelligibility it is advantageous to attenuate them in a noisy 
20 operating environment. The control block 15 receives the Infomiatlon about the position of the sound volume control 
in a known manner, whereby it alters the control Infomriation of the equalizer block 4. If an equalizer block according 
to Fig. 6 is used, a loud volume setting makes the control block 15 decrease factor K and, con^espondlngty, a quiet 
volume setting makes the control block increase that same factor. In an advantageous embodiment, the biggest possible 
K factor value con-esponds to the biggest integer in the number representation of the signal processor 1 , whereby the 
25 gain cannot be increased to the extent where it would result in a numeric overflow in the processor. Fig. 7 shows . 
diagrammaticaily the gain of the equalizer block 4 as a f unctk>n of frequency when the biggest possible K factor value 
is used. 

[0030] A more detailed picture of the background noise is achieved by measuring It via the microphone 9. Many 
modem mobile phones Include a so-called voice activity detection (VAD) function the task of which during a call is to 

30 detect when the user is speaking on the phone and when he is quiet. The normal use of this function Is such that when 
the user is quiet the phone transmits only the minimum amount of control infomnatlon, which reduces the power con- 
sumption of the phone and the load on radio frequencies. The VAD function can be applied to the method and devbe 
according to the invention because when the user is quiet, the microphone 9 records only background noise. By meas- 
uring the level of the background noise at those moments when the VAD unit (not shown) indicates to the control block 

35 15 that the user Is not speaking, and by storing the measurement result to be used as an estimate for the level of 
background noise until the completion of the next measurement result, the equalizer block 4 can be controlled in the 
same way as described above In conjunction with the sound volume set by the user. This requires that the phone, 
advantageously its digital signal processor, includes a background noise measuring block 13 from whk^h the control 
block 15 gets the measurement results. In addition, there must be a connection from the VAD unit (not shown) to the 

40 control block 1 5, so that the latter knows when to receive the measurement results. The infomiatlon from the VAD unit 
can also be brought as an on/off control to the background noise measuring block 13, whereby It gives measurement . 
results to the control block 15 only when the user Is quiet according to the VAD block. 

[0031] Advantageously, the power level of the signal coming from the A/D converter 1 2 In the PCM block 2 is mon- 
itored In the background noise measurement. In the power level measurement it is advantageous to use some kind of 

45 averaging because sudden changes In the power level, particulariy fast power peaks, might othenvlse result in equal* 
Izatlon changes so fast that they would affect the auditory impression In a negative manner. Measurement technology 
uses concepts called the attack and release time which describe the quickness of a system to react to the fact that the 
signal measured exceeds a certain limit value (attack) or goes below it (release). In the power level measurement, It 
is advantageous to use a relatively long attack time so as to avoid disturbances caused by fast power peaks, and a 

50 relatively short release time so that the system will react quickly enough to a sudden reduction in the background noise, 
e.g. when the car that is serving as the operating environment is stopped. 

[0032] From the point of view of the user, the best way would be to measure, instead of the power level, the loudness, 
which isaquantlty describing the human auditory perception related to power level changes. However, loudness meas- 
urement requires complex filter anrangements and frequency-dependent calculations, whereby the perfomiance of the 
55 digital signal processor 1 may become a limiting factor. In the future, however, new, more efficient processors may 
have the required capacity, whereby known A- or F-weighting filters could be used. 

[0033] The background noise measuring block 13 may also include a frequency analysis means, whteh measures, 
in addition to the intensity of background noise, also Its frequency spectmm. On the basis of these measurement data, 
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the frequency response of the equalizer block 4 can be changed so that the equalization of the speech signal com- 
pensates for the effect of noise at a particular frequency. This embodinfient is advantageous especially if there is in the 
operating environment a machine which, when running, produces noise which is accentuated at some particular fre- 
quency. 

5 [0034] Mobile phones also include functions measuring the quality of the radio connection according to which a 
handover from a base station to another is performed. These measurement results can also be used in the method 
and device according to the Invention to control the operation of the equalizer. In an advantageous embodiment, the 
main principle Is that equalization is increased when the quality of the connection becomes worse, which manifests 
Itself in the fonm of a decreasing field strength or unsuccessfully received consecutive frames. Other equalization 

10 strategies are also possible, and the best approach can be found by experimenting. The use of a control parameter or 
parameters describing the quality of the radio connection requires that there is a connection from the mobile phone 
part that measures the radio connection quality to the control block 15. This is easy to arrange because in known 
implementations many of the parameters describing the connection quality are cateulated in the same digital signal 
processor that perfomris the speech decoding and in which the adaptive equalization according to the invention is 

15 advantageously located. 

[0035] Reference number 18 in Fig. 2 represents a control parameter input that describes auxiliaries connected to 
the telephone. Certain auxiliaries, such as headphones and hands-free loudspeakers, require different equalization to 
achieve the best possible sound quality. In addition, when using e.g. a hands-free loudspeaker, the effect of the mobile 
phone's volume control Is stronger than In the ordinary mobile phone use, which has to be taken into account when 

20 the equalization control Is based only on the volume setting but the control block 15 also receives infomriation about 
the connected auxiliary. In an advantageous embodiment, the optimum control information values of the equalizer 
block 4 for each auxiliary are measured by the manufacturer of the phone and stored in connection with the programming 
as a look-up table 4a In the memory means used by the control block 1 5 or by the equalizer block 4 directly. When the 
control block 1 5 receives a control parameter indicating that a certain auxiliary is connected to the phone, It reads from 

25 the memoiy means the con^esponding control Information values and sends them to the equalizer block 4. 

[0036] In addition to those presented above, also other control parameters or corresponding techniques can be 
applied in the method and device according to the invention in order to change the operation of the equalizer block 4. 
For example, if the user has a hearing defect that requires a certain kind of equalization, the equalizer block 4 can be 
made to perfonn the correct equalization. In an advantageous embodiment of the invention, in which the functions 

30 inside the DSP block 1 are realized as programmable processes, it is easy to affect their operation even at the user 
level by programming the digital signal processor in the appropriate way. 

[0037] The Interworking of the control parameters mentioned above has to be adapted so that It is logical and suites 
the varying operating situations and does not exceed the capacity of the digital signal processor 1 . In an advantageous 
embodiment, the phone volume set by the user Is directly related to the equalizer K factor, or gain, so that even a slight 

35 Increase in the volume reduces the K factor, and vice versa. In Fig. 8, each of the curves A, B and C dlagrammatk^ily 
describes the change in the gain when the sound volume setting is changed but other conditions remain constant. 
Background noise measurement in block 13 is perfomned in a stepwise manner, ie. the measured background noise 
power level is compared to certain threshold values. If a threshold value is exceeded, the K factor is scaled by a 
constant factor, which in Fig. 8 corresponds to skipping from curve A, B or C to another curve. For example, when the 

40 background noise exceeds a certain threshold value, there may occur a skip from curve B to curve C and. correspond- 
ingly! when the background noise gets quieter, there may occur a skip from curve A back to curve B or even directly 
to cun^e C. The attack and release time factors associated with the skips are discussed above 
[0038] |f the quality of the radio connection is so bad that the parameter describing it exceeds a certain threshold 
level, it is possible to apply a certain constant gain, which does not depend on the sound volume set by the user, nor 

45 on the measured noise level. This is described by the straight line D in Fig. 8. As was stated above, it is possible to 
attempt to compensate for bad connection quality with another equalization strategy, and the best approach can be 
found by experimenting. In addition to the intenworking fornris presented above, the look-up table 4a also contains 
control infomriation of the equalizer block 4 related to certain auxiliaries, which surpass the data relating to nomnal 
phone operation when an auxiliary is connected to the phone. Then the parameters controlling the equalization may 

50 change to a considerable extent all at once. During a call, when equalization is controlled according to the background 
noise and volume setting, it is preferable to avoid sudden changes in the operation of the equalizer block 4 because 
they might result in perceptible and disturbing changes in the sound heard by the user 

[0039] Fig. 9 shows schematically a more detailed Implementation of the background noise measuring block 13. The 
actual power level measurement Is perfomied In block 13a, which may be preceded by a weighting filter 13b, especially 
55 if it is desired to emphasize the noise measurement in the direction of loudness instead of the power level. Block 13c 
uses the signal from the VAD unit to detennine whether or not the user Is speaking, and compares the measured noise 
value to the threshold value obtained from the look-up table 13d. The noise level estimate can be an absolute value 
or a code value which refers to a range between certain threshold values. 
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[0040] The adjustment methods presented here which are based mainly on threshold value comparisons require 
that the digital signal processor 1 has access to a sufficient amount of memory, advantageously ROM memory, into 
which the threshold values and other look-up table data can be stored. The number of different conrrbinations and 
alternative adjustment strategies is usually limited by the size of the ROM memory in use. The adjustment methods 

5 could be implemented even more flexibly if the control information of the equalizer block 4 were computed in real time, 
continuously taking into account all variable factors. This, however, requires a relatively large computing capacity, 
whereby the capacity and instruction sets of the present digital signal processors based on integer arithmetics could 
become limiting factors. In the future, more powerful processors are likely to create new possibilities in this respect. 
[0041] Above it was discussed a digital mobile phone In order to illustrate the applicability of the invention. However, 

10 the invention is not limited to just mobile phones but can be used in all telephone apparatuses in which sound is handled 
digitally and which can utilize a control parameter presented here or a similar one in order to describe the conditions 
to which the equalization of the reproduced sound has to be adapted. In addition to mobile phones, the invention can 
be applied to e.g. digital cordless telephones that have sufficient signal processing means for implementing the equal- 
ization and the functions needed to control It. The control parameters discussed here are just examples in the respect 

IS that any one of them or any combination of them can be used to implement the adaptive equalization according to the 
invention. A person skilled In the art can also propose other functionally similar control parameters 
In an advantageous embodiment of the mobile phone according to the Invention, It is taken Into account when designing 
the PCM block 2 that the frequency-dependent operations perfomied in the equalizer block 4 affect the loudness 
perceived by the user. Particularly the amplifier/attenuator unit 7 In the PCM block has to be designed such that it can 

^ be used to prevent a possible unwanted change in the loudness caused by the equalization. 

[0042] The method and device according to the invention meet the objectives set for them and represent a clear 
improvement when compared to the prior art as the adaptive equalization significantly enhances both the quality and 
intelligibility of the perceived sound in a given operating situation. 

25 

Claims 

1. A method for achieving quality and intelligibility of sound reproduced by a telephone apparatus in which the repro- 
duced sound is handled in a digital form and equalized (4) according to a frequency response, wherein there is 

so generated control infomnation describing the operating conditions (16; 17; 18; 19) of said telephone apparatus, 

including at least Intensity and frequency spectrum of background noise, and the frequency response of said 
equalization (4) Is changed on the basis of said control infomnation. 

2. The method of daim 1 , characterized in that a proportional intensity of a frequency area is changed in said 
35 equalization, and said changing of the frequency response includes at least one of the following measures: chang- 
ing of the gain of said frequency area, changing of the width of said frequency area, changing of thecenter frequency 
of said frequency area. 



3. The method of claim 1 or 2, characterized in that said control infomiation Includes a first Infomiation element 
^ which is fomned on the basis of the phone sound volume (1 9) set by the user. 

4. The method of claim 3, characterized In that said first infomnation element describes the gain of a low-frequency 
part of the sound reproduced, whereby the gain is increased when the user turns the phone sound volume (19) 
down and the gain is decreased when the user turns the phone sound volume (1 9) up. 

45 

5. The method of any one of the preceding claims, characterized in that said control Infomiation includes a second 
infomiation element whbh is fomned on the basis of the noise (1 7^ measured in the operating environment of said 
telephone apparatus. 

so 6. The method of claim 5, characterized in that said second infomriation element describes the gain of the low- 
frequency part of the sound reproduced, whereby the gain is increased when the measurement shows that the 
noise (1 7) in the operating environment is tow, and the gain is decreased when the measurement shows that there 
is a lot of noise (17) in the operating environment. 

55 7. The method of any one of the preceding claims, characterized In that said control information includes a third 
information element which is fomied on the basis of the quality (16) of a communication connection between said 
telephone apparatus and a communication networi<. 
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8. The method of claim 7, characterized in that said equalization is changed on the basis of said third infomiation 
element. 

9. The method of claim 8, characterized in that said third Infonnation element describes the gain of the low-frequency 
5 part of the sound reproduced, whereby the gain is increased and decreased inversely proportionally to increasing 

and decreasing quality (16) of said communication connection. 

10. The method of any one of the preceding claims, characterized in that it includes recurrently the following steps: 

10 a) without any special temporal order 

the first information element is generated according to a user's adjustment of the phone sound volume (19), 
it Is monitored when the user is not speaking during a call, and the noise (1 7) in the operating environment 
of the phone is measured during such moments and the second infomnation element is formed on the 
IS basis of the noise measurement, 

the quality . (16) of the connection between the telephone and the communication network used via the 
telephone is monitored and the third Information element is fomied accordingly, and 



b) according to the infomnation elements fonned 



the gain of the low-frequency part of the sound reproduced is changed inversely proportionally to the 
sound volume (1 9) set by the user, whereby value pairs representing a sound volume and the correspond- 
ing gain f omn a monotonely falling curve (A; B; C) in a system of coordinates where the gain is represented 
as a function of the sound volume setting, 
25 . said gain is scaled inversely proportionally to measured noise (17), whereby said curve shifts downwards 

(A->B; B->C) in said system of coordinates when the noise increases and upwards (0>B; B->A) when 
the noise decreases, and 

if the connection between the communication network and the phone is worse than a predefined limit, 
said gain of the low-frequency part is set constant, whereby it does not depend on the sound volume 
30 setting. 

11. The method of any one of the preceding claims, characterized in that said control information Includes a fourth 
Information element which is fonned on the basis of auxiliaries (18) connected to said phone. 



3S 12. A telephone apparatus including a loudspeaker (8) for the reproduction of sound and a digital signal processing 
means (1 ) for the digital processing of the sound reproduced, which signal processing means includes an equalizer 
(4) which has a certain frequency response, said telephone apparatus includes means (13; 15; 16; 17; 18; 19) for 
the generation of control Information describing operating conditions of said telephone apparatus, including at least 
intensity and frequency spectrum of background noise, and a means (1 5) for changing the frequency response of 

40 said equalizer on the basis of said control information. 

13. The telephone apparatus of claim 12, characterized In that it includes a control block (1 5) for collecting the data 
describing said operating conditions and for generating said control infonnation. 

^ 14. The telephone apparatus of claim 13, characterized in that it includes a sound volume adjusting device (19) 
arranged for use by a user and a means for conveying infonnation about the sound volume set with said adjusting 
device to said control block (1 5) for the generation of said control information. 

15. The telephone apparatus of claim 13 or 14, characterized in that It Includes a microphone (9) for recording the 

so sound to be transmitted via a telephone connection and noise measuring means (1 3; 1 3a, 1 3b, 1 3c) for measuring 
the noise recorded through said microphone and a means for conveying the data (1 7) representing the measured 
noise to said control block (15) for the generation of said control infonnation. 

16. The telephone apparatus of claim 15, characterized in that it includes a voice activity detection means (VAD) for 
55 determining whether or not the user is speaking on the phone during a call, and said noise measuring means (13; 

1 3a, 1 3b, 1 3c) are an^anged to measure noise only during those moments when the user is not speaking according 
to the Infonnation from said voice activity detection means. 
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17. The telephone apparatus of claim 15 or 16, characterized in that said noise measuring means (13; 13a. 13b, 
13c) include a weighting filter (13b) which is adapted to weight noise measurement at predefined frequencies. 

18. The telephone apparatus of any one of claims 13 to 1 7, characterized in that it includes a means for monitoring 
5 the quality (16) of the communication connection between it and the communication network and a means for 

conveying the Infomriation describing the quality of the connection to said control blocic (15) for the generation of 
said control information. 

19. The telephone apparatus of any one of claims 12 to 18, characterized In that said equalizer (4) is adapted to 
10 realize a transfer function 

(a1 -I- 1 + K(a1 - 1))+ (a2 • Z"' )+ 1 (1 + al + K(l - a))Z'^^ 
1-|.(a2.Z-^)+(a1-2-^) 



where the Zs represent delays of a time unit and said control infonnation comprises variable parameters K, a1 
and a2, of which K represents the gain and a1 and a2 represent the center frequency and the bandwidth. 

20. The telephone apparatus of any one of claims 12 to 1 9, characterized in that it includes a digital signal processor 
(1) which includes said equalizer (4). 

21. The telephone apparatus of claim 20, characterized In that said digital signal processor (1) also includes said 
25 control block (15). 

22. The telephone apparatus of claim 20 or 21 , characterized In that said digital signal processor (1) also includes 
said noise measuring means (13; 13a, 13b, 13c). 

30 23. The telephone apparatus of any one of claims 12. to 22, characterized In that it is a mobile phone in a digital 
cellular network. 

24. The telephone apparatus of any one of claims 12 to 23, characterized in that it includes a connecting means for 
the connection of auxiliaries and a means for conveying the infomriation (1 8) describing the connected auxiliaries 

35 to said control block (15) for the generation of said control infomriation. 

25. The telephone apparatus of claim 24, characterized In that said auxiliaries include hands-free equipment. 



40 PatentansprOche 

1. Verfahren zum Erzielen von Qualitat und Sinnverst3ndlichkeit von Schall, dervon einem Telephonapparat wieder- 
gegeben wird, in dem der wiedergegebene Schall in digitater Form verarbeltet und in Ubereinstimmung mit einem 
Frequenzgang entzerrt (4) wird, wobei Steuennformationen erzeugt werden, die die Betriebsbedingungen (16; 17; 

45 16; 19) des Teiephonapparats beschreiben und wenigstens die Intensitat und das Frequenzspektrum des IHinter- 

grundrauschens umfassen, wobei der Frequenzgang der Entzerrung (4) anhand dieser Steuerinformationen ge- 
andert wird. 

2. Verfahren nach Anspruch 1 , dadurch gekennzelchnet, das eine proportionale Intensitat eines Frequenzbereichs 

50 In der Entzenrung geandert wird und die Anderung des Frequenzgangs wenigstens eine derfolgenden MaBnahmen 

umfasst: Andern des Verstarkungsfaktors des Frequenzbereichs, Andem der Breite des Frequenzbereichs, An- 
dern der Mittenfrequenz des Frequenzbereichs. 

3. Verfahren nach Anspruch 1 oder2, dadurch gekennzelchnet, dass die Steuerinfomriationen ein erstes Infonma* 
55 tionselement umfassen, das anhand der von dem Anwender eingestellten TelephonlautstSrice (19) geblldet wird. 

4. Verfahren nach Anspruch 3, dadurch gekennzelchnet, dass das erste infomnationseiement den VerstSrkungs- 
faktor eines niederfrequenten Teils des wiedergegebenen Schalls beschrelbt, wodurch der Verstdrkungsfaktor 
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erhdht wird, wenn der Anwender die Telephontautstarke (1 9) herunterdreht, und der Verstarkungsfaktor gesenkt 
wird, wenn der Anwender die Telephonlautstarke (1 9) hochdreht. 

5. Verfahren nach einem der vorhergehenden Anspruche, dadurch gekennzeichnet, dass die Steuerinfonnatlonen 
5 ein zweites Infoimationselement umfassen, das anhand des Rauschens (1 7) gebildet wird, das In der Arbeitsum- 

gebung des Telephonapparats gemessen wird. 

6. Verfahren nach Anspruch 5, dadurch gekennzeichnet, dass das zweite Informatlonselement den Verstarkungs- 
faktor des niederfrequenten Teils des wiedergegebenen Schalls beschreibt, wodurch der Verstarkungsfaktor er- 

10 hdht wird, wenn die i\^essung zeigt, dass das Rauschen (1 7) in der Arbeitsumgebung niedrig ist, und der Verstar- 

kungsfaktor gesenkt wird, wenn die ly^essung zeigt, dass in der Arbeitsumgebung vie! Rauschen (1 7) vorhanden ist. 

7. Verfahren nach einem der vorhergehenden Anspruche, dadurch gekennzeichnet, dass die Steuerinformationen 
ein drittes Infomnationseiement umfassen, das anhand der Qualitat (16) einer Kommunikatlonsverbindung zwi- 

is schen dem Telephonapparat und einem Kommunikatlonsnetz gebildet wird. 

8. Verfahren nach Anspruch 7, dadurch gekennzeichnet, dass die Entzerrung anhand des dritten Infomiatlonsele- 
ments geandert wird. 

20 9. Verfahren nach Anspruch 8, dadurch gekennzeichnet, dass das dritte Infomnationseiement den Verstarkungs- 
faktor des niederfrequenten Teils des wiedergegebenen Schalls beschreibt, wodurch der Verstarkungsfaktor um- 
gekehrt proportional zu einer Zunahme oder Abnahme der Qualitat (16) der Kommunikatlonsverbindung erhdht 
bzw. emiedrigt wird. 

25 10. Verfahren nach einem der vorhergehenden Anspruche, dadurch gekennzeichnet, dass es wiederhott dlefolgen- 
den Schritte umfasst: 

a) ohne Irgendeine bestimmte zeitliche Reihenfolge 

30 - wird das erste Informatlonselement In Dbereinstimmung mit einer vom Anwender eingestellten Telephon- 

lautstarke (19) erzeugt, 

wird ubenwacht, wann der Anwender wahrend eines Anrufs nicht sprk:ht, wobei das Rauschen (1 7) in der 
Arbeitsumgebung des Telephone wShrend solcher Zeltspannen gemessen wird und das zweite Informa- 
tionseiement anhand der Rauschmessung erzeugt wird, 
3S - wird die Qualitat (16) der Verbindung zwischen dem Teiephon und dem Kommunikatlonsnetz, das von 

dem Teiephon venwendet wird, uberwacht und wird das dritte Infomriationselement entsprechend gebildet, 

b) in Uberelnstimmung mit den gebildeten Infomnationselementen 

40 . wird der Verstarkungsfaktor des niederfrequenten Teils des wiedergegebenen Schalls umgekehrt propor- 

tional zu der von dem Anwender eingestellten Lautstarke (1 9) geandert, wobei Wertepaare, die eine Laut- 
stdrke und den entsprechenden Verstarkungsfaktor darstellen, eine monoton faliende Kurve (A; B; C) in 
einem Koordinatensystem biiden, in dem der Verstarkungsfaktor in Abhangigkeit von der Lautstarkeein- 
steilung gegeben ist, 

^ - wird der Verstarkungsfaktor umgekehrt proportional zu dem gemessenen Rauschen (1 7) skallert, wodurch 

die Kurve in dem Koordinatensystem nach unten verschoben wind (A ^ B; B C), wenn das Rauschen 
zunimmt, oder nach oben verschoben wird (C B; B -> A), wenn das Rauschen abnimmt, und 
wird der Verstarkungsfaktor des niederfrequenten Tells dann, wenn die Verbindung zwischen dem Kom- 
munikatlonsnetz und dem Teiephon schiechter als eine im Voraus definierte Grenze ist, konstant gesetzt, 

so wodurch sle nicht von der Lautst&rkeelnsteliung abhdngt. 

1 1 . Verfahren nach einem der vorhergehenden AnsprCtehe, dadurch gekennzeichnet, dass die Steuerinformationen 
ein viertes Infomnationseiement umfassen, das anhand von mit dem Teiephon verbundenen Zusatzgerdten (18) 
gebildet wird. 

55 

12. Telephonapparat, der einen Lautsprecher (8) fur die Wiedergabe von Schall und digitate Signalverarbeitungsmittel 
(1) fQr die digitale Verarbeltung des wiedergegebenen Schalls umfasst, wobei die Signalverarbeitungsmittel einen 
Entzerrer (4) besitzen, der einen bestimmten Frequenzgang hat, und der Telephonapparat Mittel (13; 15; 16; 17; 



10 




EP0 767 570B1 

18; 19) fur die Erzeugung von Steuerinformationen, die Betriebsbedlngungen des Teiephonapparats beschrelben 
und wenlgstens die intensitat und das Frequenzspelctrum des Hintergrundrauschens umfassen, sowie Mittel (15) 
zum Andem des Frequenzgangs des Entzerrers anhand der Steuerinformationen unrrfasst. 

5 13. Telephonapparat nach Anspruch 12, dadurch gekennzeichnet, dass er einen Steuerblock (15) zum Sammein 
der die Betriebsbedlngungen beschreibenden Daten und zum Erzeugen der Steuerinfomiatlonen umfasst. 

14. Telephonapparat nach Anspruch 13, dadurch gekennzeichnet, dass er eine Lautstarkeeinstelivorrichtung (19), 
die so beschaffen \sX, dass sie von einem Anwender benutzt werden kann, und Mittel zum Transportieren von 

10 Infonnationen uber die mit der Einstellvorrichtung eingestellte Lautstarke an den Steuerislock (15) zur Erzeugung 

der Steuerinfomiatlonen umfasst. 

15. Telephonapparat nach Anspruch 13 oder 14, dadurch gekennzeichnet, dass er ein MIkrophon (9) zum Aufneh- 
men des Qber die Teiephonveri^indung zu Qbertragenden Schalls und Rauschmessmittet (13; 13a, 13b, 13c) zum 

15 Messen des uber das Mikrophon aufgenommenen Rauschens sowie Mittel zum Transportieren der das games- 

sene Rauschen reprasentierenden Daten (17) an den Steueri3lock (15) zur Erzeugung der Steuerinfomiationen 
umfasst. 

16. Telephonapparat nach Anspruch 15, dadurch gekennzeichnet, dass er Sprachaktlvitdt-Erfassungsmittei (VAD) 
20 umfasst, die feststellen, ob der Anwender wahrend eines Anrufs am Telephon spricht, und die Rauschmessmlttel 

(13; 13a, 13b, 13c) so beschaffen sind, dass sie das Rauschen nur wahrend jeder Zeitspanne messen, in denen 
der Anwender gemSB den informatlonen von den Sprachaktivitat-Erfassungsmittein nicht spricht. 

17. Telephonapparat nach Anspruch 15 oder 16, dadurch gekennzeichnet, dass die Rauschmessmittel (13; 13a, 
25 1 3b, 1 3c) ein Gewichtungsfilter (1 3b) umfassen, das so beschaffen 1st, dass es die Rauschmessung bei im Voraus 

deflnierten Frequenzen gewichtet. 

18. Telephonapparat nach einem der Anspruche 13 bis 1 7, dadurch gekennzeichnet, dass er Mittel zum Uberwachen 
der Qualitat (16) der Kommunikationsverisindung zwischen sich und dem Kommunikationsnetz sowie Mittel zum 

30 Transportieren der die Qualitat der Veri3indung beschreibenden Inf onmatlonen an den Steueri:)lock (15) zur Erzeu- 
gung der Steuerinfonnationen umfasst 

19. Telephonapparat nach einem der Anspruche 12 bis 18, dadurch gekennzeichnet, dass der Entzerrer (4) so 
beschaffen ist, dass er eine Ubertragungsfunktion verwiridicht: 

35 

f- (al + 1 + K(al - 1)) + (a2 . Z"^ )-h i (1 + al + K(1 - Si))Z^A 

H = ^2 f \— f-^ \ ^ 

40 l + (a2-Z^^j+^Z"2J 



wobei die Zs Verzogerungen einer Zeltelnheit reprasentieren und die Steuerinfonnationen variable KenngroBen 
K, al und a2 umfassen, wobei K den Verstaricungsfaktor reprdsentiert und al und a2 die MIttenfrequenz bzw. die 
45 Bandbreite reprasentieren. 

20. Telephonapparat nach einem der Anspruche 12 bis 19, dadurch gekennzeichnet, dass er einen digitalen Signal- 
prozessor (1) umfasst, der den Entzen^er (4) enth&lt. 

so 21. Telephonapparat nach Anspruch 20, dadurch gekennzeichnet, dass der digltale SIgnalprozessor (1) auch den 

Steuerblock (1 5) enthalt. 

22. Telephonapparat nach Anspruch 20 Oder 21, dadurch gekennzeichnet, dass der digitale SIgnalprozessor (1) 
auch die Rauschmessmittel (13; 13a, 13b, 13c) enthilt. 

55 

23. Telephonapparat nach einem der AnsprCk^he 12 bis 22, dadurch gekennzeichnet, dass er ein Mobiltelephon in 
einem digitalen Zellennetz ist. 
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24. Telephonapparat nach einem der Anspruche 12 bis 23, dadurch gekennzefchnet, dass er Verbindungsmittel fur 
die Verbindung mit Zusatzgeraten sowie Mittel zum Transportieren der die verbundenen ZusatzgerSte beschrei- 
benden Informatlonen (18) an den Steuerblock (15) zur Erzeugung der Steuerinfomiationen umfasst. 

5 25. Telephonapparat nach Anspruch 24, dadurch gekennzeichnet, dass die ZusatzgerateeineFreisprecheinrichtung 
umfassen. 



Revendlcations 

10 

1. Un proc6d6 pour obtenir la quality et rintelligibilit6 du son reproduit par un appareil t^l^phonlque dans lequel le 
son reproduit est g§r6 sous foime num^rique et §galis6 (4) en fonctlon d'une r^ponse en frequence, dans lequel 
sont g6n6r6es des Infomriations de commande d^crivant les conditions op^ratoires (1 6 ; 1 7 ; 1 8 ; 1 9) dudit appareil 
t^l^phonlque, y comprls au moins i'intenslt^ et le spectre de frequence du bruit de fond, et la r^ponse en frequence 

15 de ladlte ^galisation (4) est modifi^e en fonctlon desdites Infomiatlons de commande. 

2. Le proc6d§ selon ia revendication 1 , caracterlse en ce qu'une intensity proportlonnelle d'une zone de frequence 
est modifl^e dans ladite §gaiisation, et ledit changement de la r^ponse en frequence comprend au moins Tune 
des mesures suivantes : modifk:atlon du gain de ladite zone de frequence, modification de la largeur de ladite 

so zone de frequence, modification de la frequence centrale de ladite zone de frequence. 

3. Le procSdS selon la revendication 1 ou 2, caracterlse en ce que lesdites informations de commande comprennent 
un premier 6l6ment d'infonnation qui est form^ en fonctlon du volume sonore du t^l^phone (1 9) r^gl6 par Tutillsa- 
teur. 

25 

4. Le proc6d6 selon la revendication 3, caracterlse en ce que ledit premier Aliment d'infonnation dterit le gain d'une 
partie basse frequence du son reproduit, le gain 6tant ainsi augments lorsque rutilisateur balsse le volume sonore 
du t6l6phone (19) et te gain 6tant ainsi diminu6 lorsque rutilisateur augmente le volume sonore du t6l6phone (19). 

30 5. Le proc^dd selon Tune quelconque des revendlcations pr6c^dentes, caracterlse en ce que lesdites infomiatlons 
de commande comprennent un second 6l6ment d'infonnation qui est fomn6 en fonctlon du bruit (1 7) mesur6 dans 
I'environnement de fonctionnement dudit appareil t^i^phonique. 

6. Le proc6d^ selon la revendication 5, caracterlse en ce que ledit second 6t§ment d'infonnation d^rit le gain de 
35 la partie basse frequence du son reproduit. le gain 6tant ainsi augments lorsque le mesurage montre que le bruit 

(17) dans I'environnement de fonctionnement estfaible, et le gain 6tant ainsi diminu^ lorsque le mesurage montre 
qu'll y a beaucoup de bruit (17) dans I'environnement de fonctionnement. 

7. Le proc^d^ selon I'une quelconque des revendlcations pr^c^dentes, caracterlsd en ce que lesdites informations 
40 de commande comprennent un troisi^me 6l6ment d'infonnation qui est fomri^ en fonction de la quality (1 6) d'une 

liaison de communication entre ledit appareil t6l§phonique et un r^seau de communication. 

8. Le proc§d6 selon la revendication 7, caracterlse en ce que ladite ^galisation est modifi6e en fonctlon dudit troi- 
si&me §l6ment d'infonnation. 

45 

9. Le proc^dd selon la revendication 8, caract^rlsd en ce que ledit trolsi^me 6l6ment d'infonnation dterit te gain 
d'une partie basse frequence du son reproduit, le gain 6tant ainsi augments et diminu^ de manidre inversement 
proportlonnelle k {'augmentation et k la diminution de la quality (16) de ladite liaison de communication. 

so 10. Le proc666 selon I'une quelconque des revendlcations pr^dentes, caracterlse en ce qu'll comprend de manl§re 
recurrence les stapes suivantes : 

a) sans un quelconque ordre temporel spMal 

55 - te premier element d'information est g6n6r6 selon un riglage, par rutilisateur, du volume sonore du t6l6- 

phone(19), 

• II est survelll6 lorsque I'utilisateur ne parte pas au cours d'un appel, et le bmit (1 7) dans I'environnement 
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de fonctionnement du t6l6phone est mesur6 pendant de tels moments et le second 6l6ment d'infonmation 
est fomn6 en fonction du mesurage du bruit, 

la quality (16) de la liaison entre le t§l§phone et le r§seau de communication utilise via le t^l^phone est 
5 surveilt^e et le troisl^me ^l^ment d'infomiation est fomn^ en consequence, et 

b) en fonction des elements d'Infonnation fomn^s 

le gain de la partie basse frequence du son reprodult est modifl§ de manidre Inversement proportlonnelle 
10 au volume sonore (19) r^gl^ par I'utilisateur et, de ce fait, des paires de valeur repr^sentant un volume 

sonore et le gain correspondant ferment une courbe monotone d^roissante (A ; B; C) dans un syst^e 
de coordonn^es oil le gain est represents en fonction du rSglage du volume sonore, 

ledit gain est mis k rSchelle de manidre Inversement proportlonnelle au bruit mesur§ (17), ladlte oourfoe 
15 se dScaiant vers le bas (A->B ; B->C) dans ledit syst^me de coordonnSes lorsque le bruit augmente et 

vers le haut (C->B; B*>A) lorsque le gain diminue, et 

si la liaison entre le rSseau de communication et le telephone est plus mauvaise qu*une limite prddefinie, 
ledit gain de la partie basse frequence est fixe k une valeur constante et, de ce fait, il ne depend pas du 
^ reglage du volume sonore. 

11. Le precede selon Tune quelconque des revendications precedentes, caracterfse en ce que lesdites infonmations 
de commande comprennent un quatrieme element d'infonmation qui est forme en fonction des equipements auxi- 
liaires (18) connectes audit telephone. 

25 

12. Un appareil teiephonique comprenant un haut-parleur (8) pour la reproduction du son et un moyen de traitement 
numerique de signaux (1) pour le traitement numerlque du son reprodult, lequel moyen de traitement de signaux 
comprend un egaliseur (4) qui a une certalne reponse en frequence, ledit appareil teiephonique comprend un 
moyen (13 ; 15 ; 16 ; 17 ; 18 ; 19) pour la generation d'informations de commande decrivant les conditions de 

30 fonctionnement dudit appareil teiephonique, y compris au moins t'intenslte et le spectre de frequence du bruit de 
fond, et un moyen (15) pour modifier la reponse en frequence dudit egaliseur en fonction desdites infomiatlons 
de commande. 

13. L'appareil teiephonique selon la revendication 12, caracterise en ce qu'il comprend un bloc de commande (15) 
35 pour recueilllr les donnees decrivant lesdites conditions de fonctionnement et pour generer lesdites Infomnatlons 

de commande. 

14. L'appareil teiephonique selon la revendication 13, caracterise en ce qu'il comprend un dispositif de reglage du 
volume sonore (19) place en vue d'une utilisation par un utitisateur et un moyen pour acheminer les infomnatlons 

40 relatives au volume sonore regie avec ledit moyen de reglage audit bloc de commande (15) pour la generation 

desdites infomnations de commande. 

15. L'appareil teiephonique selon la revendication 13 ou 14, caracterise en ce qu'il comprend un microphone (9) 
pour enregistrer le son k transmettre via la liaison teiephonique et des moyens de mesurage de bruit (13 ; 13a, 

45 13b, 13c) pour mesurer le bruit enreglstre par i'intemnediaire dudit microphone et un moyen pour acheminer les 

donnees (1 7) representant le bruit mesure audit bloc de commande (15) pour la generation desdites Infomnatlons 
de commande. 

16. L'appareil teiephonique selon la revendication 15, caracterise en ce qu'il comprend un moyen de detection d'ac- 
50 tivite vocale (VAD) pour detemiiner si, oul ou non, Tutllisateur parte sur te telephone pendant un appel, et lesdtts 

moyens de mesure de bruit (13 ; 13a, 13b, 13c) sont configures pour ne mesurer le bruit que seulement pendant 
les moments oil Tutiilsateur ne parle pas, en fonction des Infomnatlons fournies par ledit moyen de detection d'ao- 
tMte vocale. 

55 17. L'appareil teiephonique selon la revendication 15 ou 16, caracterise en ce que lesdits moyens de mesurage de 
bruit (13 ; 13a, 13b, 13c) comprennent un f litre de ponderation (13b) qui est adapte k ponderer le mesurage du 
bruit k des frequences predeflnles. 
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18. L'appareil t^l^phonique selon Tune quetconque des revendications 13^17, caracterise en ce qu'il comprend un 
moyen pour surveilter la quality (16) de la liaison de communication entre lul et le r^seau de communication et un 
moyen pour achemlner les Infomnatlons d^crivant la quality de la liaison audit bloc de commande (15) pour la 
g6n§ration desdites Informations de commande. 

19. L'appareil t^l^phonlque selon i'une quelconque des revendications 12 & 1 8, caracterise en ce que tedit ^galiseur 
(4) est adapts k r^aliser une fonction de transfer! 



^ [i(al+l+K(.l-l)K(a2-2-')+i(l+al+K(l-a))Z-'] 
' u(a2.Z-]+(al.Z") 

dans laquelte les Z repr^sentent des retards d'une unlt6 de temps et lesdites Infomriations de commande com- 
prennent des param^tres variables K, a1 et a2, pamni lesquels K repr^sente le gain tandls queal et a2 reprdsentent 
la frequence centraie et la iargeur de bande. 

Uappareil t^lephonique selon I'une quelconque des revendications 12^19, caractdrla^ en ce qu'jl comprend un 
processeur num^rique de signaux (1) qui comporte ledit ^gaiiseur (4). 

21 . L'appareil t^l^phonique selon la revendication 20, caracterise en ce que iedit processeur numi§rique de signaux 
(1) comporte 6gatement ledit bloc de commande (15). 

22. L'appareil t6l6phonique selon ia revendication 20 ou 21, caracterise en ce que ledit processeur num^rique de 
signaux (1) comporte ^gaiement lesdits moyens de mesurage de bruit (13 ; 13a, 13b, 13c). 

23. L'appareil t^l^ptionique selon I'une quelconque des revendications 12 4 22, caracterise en ce qu*il est un t6l6- 
30 phone mobile dans un r^seau cellulaire num^rique. 

24. L'appareil t^l^phonique selon I'une quelconque des revendications 1 2 d 23, caracterise en ce qu'il comprend un 
moyen de connexion pour la connexion d'^quipements auxillalres et un moyen pour acheminer les Infomiations 
(18) d§crivant les ^qulpements auxliialres connect^s, audit bloc de commande (15) pour la g6n6ration desdites 

35 Infomriations de commande. 

25. L'appareil t6l6phonique selon la revendication 24, caracterise en ce que lesdits 6quipements auxillalres com* 
prennent un 6qulpement malns-llbres. 

40 
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